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’ Preface
A *1c5l§ _—

Q) The purpose of this study was to develop the concept and basic

design for an auditory localization cue synthesizer. This technology

has the potential for greatly reducing threat acquisition times in

hostile ground-to-air missile scenarios by providing the pilot with a
heads-up localizable auditory warning over his headset. This warning

allows the pilot to quickly and naturally determine the location of the
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\ ABSTRACT

This thesis describes the concept and design of an auditory

localization cue synthesizer. “The pertinent literature was reviewed and

used to form the basis of the concept a to generate localization cues over
headphones utilizing real-time solid state processor. The synthesizer
accepts a single monaural input and processes the signal separately for
independent presentation to the left and right ears. The synthesizer uses
a 3-space head tracking device to maintain a stable acoustic image when the
listener moves his head. The design is complete to present localized
stimuli in azimuth. A concept is described for generating stimuli in the
three dimensional case for azimuth, elevation and distance. Details of the
hardware and software design are in the appendices.

Laboratory methodology are described for deriving the necessary
parameters of the synthesizer. Experimental data collected separately from
this thesis demonstrate that the concept and design are viable for the
azimuth case. Localization errors with the synthesizer are compared with
free field errors obtained with 10 subjects. The results show that
localization accuracy is essentially equal for the two conditions.

Recommendations are presented for further research and development. kifz ) <E%"—-
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I. Introduction

Man can assimilate and operate on data optimally when the
information {s presented in a natural form. Acoustic information is
normally presented binaurally in the natural world. These acoustic
signals contain the cues that allow the listener, among other things, to
discriminate the type of sound, the location of the sound source and the
acoustic characteristics of the listening space. However, when
listening with headphones, current audio systems present stereo acoustic
signals which do not allow the listener to identify the location or
estimate the distance of the sound. The ability to locate the source of
a sound while wearing headphones would have a wide range of potential
applications such as rapid target acquisition, multichannel conferencing
(the cocktail party effect) and threat cueing.

The topic of this thesis is the concept and design of a real-time
digital auditory localization cue synthesizer to generate the acoustic
cues necessary to allow a listener to locate a sound source while
listening with headphones.

Auditory localization is the ability to acoustically locate a
single sound source relative to the listener, sometimes among several
other sound sources, in azumith, elevation, and sometimes distance. The
sound source is perceived to be outside the head and at some reasonable
distance from the listener. These localized sensations are not normally

perceived with signals generated by "stereo" listening with headphones.
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Lateralization is the general sensation perceived by listeners of
"stereo" sound with headphones. The lateralized signal is usually
located at either the left ear or the right ear or somewhere in between
but not outside the head of the listener,

Military applications of an auditory localization cue synthesis
capability have been described as a necessary and integral part of the
Project Forecast 11, Super Cockpit and Virtual Man-Machine Interface
project technologies. In the super cockpit, synthesized auditory
localization is used in conjunction with heimet mounted displays. The
auditory localization cue gives the pilot information that is outside
his current field of view. This information can be anything from a
threat warning from the radar warning receiver to an advisory to scan
some of the displays not currently in the field of view. In addition,
auditory localization has been projected to provide increased
sftuatfonal awareness by presenting auditory information and cues in a
more natural and logical manner.

Commercial applications of an auditory localization cue synthesizer
include "hi-fi" headphones since the synthesizer generates an
out-of-head acoustic image, collision avoidance systems in commercial
aircraft, navigation aids, video game applications, aids for the
visually impaired and deep sea divers.

This thesis describes the concept and design of a device to
synthesize localization cues over headphones. The goal of the device is

to take a single audio input and process it independently for the left




and right ears in such a manner that the resulting signal is

localizable. The thesis details the rationale for the approach and the

hardware and software necessary to realize this objective.




[T. Background

Auditory localization has been researched for over 120 years.

Throughout that period scientists have generally had the goal of
understanding the mechanism of human auditory localization. Research
has focused on the role of the pinna, interaural time delays, interaural
intensity differences and head motion. Many different theories have
been proposed of how humans localize sound. However, none-to-date
satisfy all the well known experimental findings.

Fechner (12), in 1860 was one of the earliest researchers of
mechanisms of human auditory localization. Batteau (2), in 1963
proposed a time delay theory of localization. He suggested that the
pinna (the large cartilaginous portion of the external ear) {introduced
time delays to incoming sounds which allowed the auditory system to
perform localization both monaurally and binaurally. Blauert (3), in
1969/1970 proposed that the pinna, head and ear canal caused angle of
incidence dependent changes in the frequency spectrum of the sound
source. This was generally called the theory of timbre differences. 1In
1974, Lambert (20) proposed the dynamic theory of sound source
Tocalization which is based on the effects of head movement on sound
source azimuth and range. In binaural listening, Lambert proposed that
interaural times were measured at the two ear locations by the auditory
system to either map or calculate the location of the sound source.
Kuhn (19) in 1977 reinforced these findings with his "Model for the

Interaural Time Differences in the Azimuthal Plane". Kuhn used




interaural time and interaural amplitude differences which showed that
the KEMAR manikin gave data similar to that measured with human
subjects. In addition Gatehouse (15) and Blauert (4) compiled books on
"Localization of Sound: Theory and Applications" and "Spatial Hearing"
respectively. Both books describe numerous investigations and how the
various theories explain some but not all of the experimental findings.

The role of the pinna has been researched extensively. It is one
of the major factors in the ability of humans to localize sound. It is
the source of the frequency dependent interaural intensity differences.
Batteau (1), in 1967 described the role of the pinna in human
localization. He showed that it was physiologically possible that the
time delays of 10 to 100 microseconds encoded by the pinna could be
decoded by a simple neural net of excitation and inhibition. The role
of the pinna in auditory localization was also described by Freedman
(14) in 1968 who found that subjects with fixed head position were able
to correctly localize sounds only when listening with either their own
or artificial pinnae. The subjects had to move their heads to correctly
localize sounds without pinna cues.

Shaw (31) over his lifetime has probably done the most extensive
work on understanding the effects of the pinna on localization. He has
performed detailed analysis of the external ear and the effects of the
small anatomical features of the external ear on the transfer function
of the pinna. In the future it may be possible to expand on Shaw's work

and develop a computer model that would accurately predict pinna




transfer functions from the geometry of the individual pinna. Shaw (32)
also investigated the overall transform from free-space to the eardrum,
This was reported in a paper published in 1974 which was a compilation
of 12 studies. "Wright (38) reported in 1974 that the pinna introduced
time delays and that delays as small as 20 microseconds were perceptible
by listeners. In 1975, Searle (29) proposed that differences between
the two pinnae were used to localize sounds. If this is correct, it
would indicate that left and right pinnae need to be measured and
modeled independently in a localization cue synthesizer. Mehrgardt (21)
in 1977 measured transfer functions of the external ear from 200 to 15000
Hz in both the horizontal and median planes. Moritmoto (23) published a
paper in 1982 pointing out the importance of using the subject's own
transfer functions in obtaining accurate localization. In 1984,
Musicant (24) published a paper expounding on the fact that pinnae-based
spectral cues were responsible for resolving front-back ambiguity in
localization.

Clearly pinnae based cues play an important role in auditory
localization. Any device to generate synthetic localization cues must
accurately model pinna effects on the incoming signal. Burkhard (5) in
1975 described an acoustic manikin which accurately simulated acoustic
diffraction of the head and torso and included pinnae and an eardrum
simulator. This manikin called KEMAR, the Knowles Electronic Manikin
for Acoustic Research, has received extensive use in the years since it

became available. In 1969, Dirks (8) compared pinna transfer functions of




KEMAR with those measured by Shaw and found small differences only at
high frequencies.

Pinna cues are so convincing that Hebrank (16), Flannery (13) and
Musicant (25) found that two ears were not necessary for localization.
Performance was less efficient in the monaural case but was enhanced
when the subjects had an apriori knowledge of the spectrum of the sound
source. In 1982, Colburn (6) working with subjects that were hearing
impaired found that most subjects could localize within about 20 degrees
using only one ear and, like Hebrank, found that apriori knowledge of
the spectrum of the signal was required for optimum performance.
Clearly, the pinna transfer functions are known to the Tistener much
1ike a spatial map of an antenna pattern. Once the spectrum of the
sound has been determined the human can use this map to determine the
Tocation of the sound source.

Interaural time delays have been described by a number of
researchers as critical parameters for localization. Weiner (37) in his
1947 paper "On the diffraction of a progressive sound wave by the human
head" found that interaural time delays alone were generally sufficient
for localizatfon in azimuth. ODeatherage (7) in 1959, published a paper
examining the trading relationship between interaural time delay and
interaural intensity when localizing clicks and found that the
relationship between the differences in intensity and time is not
linear. Batteau (2), Blauert (3), Kuhn (19), and Dol1 (9) all found the

interaural time delays ranging from 0 to 800 microseconds to be




important in localization. Durlack (10) in 1986 published a paper in
which the interaural time delays were increased giving the subject an
i1lusion of listening with a head that was much Targer than normal.
This tended to give the listener the ability to more accurately
determine the azimuth of a sound source.

A more natural method of increasing the accuracy of localization f{s
by using head movement. Mills (22) in 1958 described the minimum
audible angle for localization accuracy as being something on the order
of 1 degree. Perrott (27) in 1981 showed that this 1 degree minimum
audible angle held for moving sound sources up to 120 degrees per
second. At an angular velocity of 240 degrees per second performance
was degraded and the minimum audible angle increased.

The effects of head movement on auditory localization were
described by Wallach (36) in 1940. His experiment showed that accurate
head movements play an important role in localization. Thurlow (35) in
1967 showed that head movements reduced front-back reversals and
supported Wallach's 1940 findings. Pollack (28) in his 1967 paper
theorized that head movement was used to increase localization accuracy
by moving the area of maximum sensitivity to the area of interest.
Thurlow (34) supported this same finding in a 1967 paper. Lambert's
(20) 1974 dynamic theory of localization embraced head motion as a
critical parameter. In 1982, Shelton (33) described the role of vision
and head motion in auditory localization. The major component in the

effect was visually fixating on the apparent location of the sound




source. Doll (9) in 1986 found, using a simulation of localization,
that interaural time delays and head motion were the two critical
parameters.

Throughout these scientific efforts, it is consistently apparent
that the three critical parameters are, interaural time delay, frequency
dependent interaural intensity and the dynamics of head motion. No one
researcher has put all three parameters together to attempt the design

of a localization cue synthesizer.




ITT. Concept

The concept for an auditory localization cue synthesizer is to
generate over headphones in real-time the acoustic signals at the ears
necessary for the listener to perceive the location of a sound source in
space. The synthesizer is capable of processing a full range of
acoustic signals and of maintaining an accurate and stable acoustic
image during head movements of the listener. The location of the
synthesized images presented to the listener is under the control of a
host processor. Head position and movement are determined by a
commercially available head position tracking system. The total
integrated auditory localization cue synthesizer system provides
synthesized cues in azimuth (horizontal), elevation (vertical) and
distance (from the listener) for a complete three dimensional spatial
localization environment.

Implementation of the concept utilizes the "brute force" method
which consists of actual measurements of the acoustic transfer functions
at the two ears for individual points in space located across the full
ranges of azimuth and elevation as well as at selected distances. In
very simple terms, these transfer functions which correspond to specific
spatial locations are processed and stored in the auditory localization
cue synthesizer. The stored processed signals are presented at the

earphones under control of a host processor. and provide the listener

10




with an image that appears to originate at the spatial location from

which the signal was originally recorded

The total auditory localization cue synthesizer system is a
laboratory demonstration breadboard system comprised of the auditory
localization cue synthesizer itself, a head tracking system, a host
processor and binaural headphones. The hardware and software required
for these components and their interfaces are near the state-of-the-art
in terms of processing speed and capacity. The basic configuration is
shown in Figure 3-1. The host processor sends the auditory localization
cue synthesizer the location or angle of the desired synthesized sound
image. The system has three operating modes, azimuth only, azimuth and
elevation and azimuth, elevation and distance. The values of the
parameters of the desired locations are transferred by the host
processor to the synthesizer over either an RS-232 or IEEE-488 bus. The
RS-232 interface is adequate for azimuth only while the IEEE-488 bus
interface with its higher data rate is required for the azimuth and
elevation and azimuth, elevation and distance operations. A standard
audio impedance of 600 ohms is provided by the synthesizer on both the
input and output which is capable of handing +10 volts. Head position
information is provided by a commercially available Polhemus 3-space
headtracker. This device measures head position in 6 degrees of
freedom, x, y, and z position and roll, pitch, and yaw. The headtracker
provides data output at a 54 Hz rate over a 16 bit parallel interface or

at a 30 Hz rate over a RS-232C interface.
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The auditory localization cue synthesizer was designed with the
following goals.
H.‘ : 1. Real-time operation
2. Minimum audible angle 1 degree (azimuth)
3. 10 kHz audio bandwidth
4. RS-232 interface to host processor
5. 16 bit parallel interface to headtracker.

The auditory localization cue synthesizer laboratory demonstration
breadboard system is designed using currently available parts and is
fabricated using wire wrap technology. The auditory localization cue
synthesizer is divided into 3 functional subsystems.

1. Analog interface board

2, Digital interface board

3. Synthesizer processor board
This functional partitioning of the system allows for easy
modification/upgrade of any one of the system functions without
affecting the others. Figure 3-2 shows the internal interfacing between
the various boards and the external interfacing.

The analog interface board has three external audio interfaces.

The analog "in" port allows the desired location of the audio signal to
be input to the system. The processed localizable signals are output
independently for the left and right headphone channels. The internal
analog interface board interfaces are three parailel interfaces of 16

bits each with necessary control and clock lines, one for the a/d
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convertor and two for the d/a convertors that will be described in
detail in Appendix A.

The digital interface board has two external interfaces, one 16 bit
parallel interface for the headtracker and an RS-232C interface for the
host processor. The internal interface is a single 16 bit parallel
interface between the digital interface board and synthesizer processor
board. The digital interface board contains a single interface
processor to handle the maintenance of the headtracker interface and
respond to commands from the host processor.

The synthesizer processor board is the core of the auditory
localization cue synthesizer. The synthesizer processor board has two
special purpose digital signal processors. Each digital signal
processor provides angle information for the left and right ears. A
second pair of digital signal processors provides distance information
for the left and right ears. Once the algorithms described in Appendix
B have been optimized it may be possible to reduce the hardware to a
single digital signal processor for each ear to accomplish both the
angle and distance processing.

Initially the signal processing operation has been bounded by
synthesizing only the azimuth cues. Elevation and distance cues will be
developed as logical progressions. The hardware is designed as much as
possible to allow these developments to be simple software changes.

The three critical parameters in auditory localization are

interaural time delay, interaural intensity cues (frequency dependent)

15




and head motion., These cues are synthesized at one degree increments
for the azimuth condition for relative angles of 0-359 degrees. This
insures that each of the independent synthesized cues are separated by
no more than the minimum audible angle. The interaural time delays were
measured within the minimum 10 microsecond resolution capability of
humans. The motion of the head has been measured at rates as high as
1000 degrees per second (11), however the Polhemus 3-Space headtracker
which is the current state-of-the-art device outputs data at a maximum
rate of 54 Hz. Subjects can move their heads almost 60 degrees per
second without incurring a noticeable time lag. This is much more than
the minimum audible angle of one degree. Head motion is tracked by
updating the sound field at a 54 Hz rate. The time lag that occurs when
the listener is rapidly moving the head is quickly resolved., Faster
headtracking device are expected to be available in the near future.
This headtracking method provides 360 independent cues for each ear for
every angle in azimuth without interpolation.

The combination of azimuth and elevation synthesis requires a
additional concept if the auditory localization cue synthesizer system
is to operate with the same hardware for both the azimuth only, and
azimuth and elevation conditions due to the limitations of memory space
for the digital signal processor. The problem {s how to provide one
degree of resolution over a complete sphere while using about 360
points. The concept of an auditory fovea as shown in Figure 3-3 will

provide the desired sensitivity without exceeding the memory space for

16
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the digital signal processor. The auditory fovea is an area of
increased resolution sensitivity directly in front of the observer
ranging from 7.5 degrees to 1 degree. A maximum of 15 degrees is found
everywhere else. When the maximum 15 degree spacing is used over the
surface of a geodesic sphere, approximately 272 point sources are
provided. The generation of the high resolution auditory fovea uses
approximately 89 additional points for a total of 361 sources. The
observer has high resolution anywhere his head is pointing with 15
degree resolution everywhere else when coupled with the headtracker.

Distance cues will be accomplished initially in a separate
processor. The three parameters mapped into distance will be:
attenuation of intensity, i.e. the inverse square law, low pass
filtering effect of air and reverberation or multipath. The distance
processor will synthesize the five different distances of very near,
near, median, far, and very far. The synthesis of distance will operate
on signals independent of the angle synthesis.

Care must be given to preserving as much signal quality as possible
for these concepts to be successful. Signal quality is related to
bandwidth, signal-to-noise ratio, distortion, and linearity. The design
goals for this concept of an auditory localization cue synthesizer are
as follows: bandwidth - 10 kHz, SNR - greater than 70 dB, distortion -
less than 1 % and linearity - deviation less than 1 %.

In summary, the concept of the auditory localization cue

synthesizer is based on a brute force time varying digital synthesis of

18




the sound field of an external source at the entrance of the external
ear canal. The three synthesis parameters are interaural time delay,
interaural intensity, and head movement. The auditory localization cue
synthesizer is based on currently available parts and is fabricated
using wire wrap techniques. The azimuth only synthesis is realized with

concepts and design presented for the elevation and distance cues.
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IV. Approach

The auditory localization cue synthesizer was designed to provide
auditory cues to persons wearing headphones allowing any audio signal to
be localized under control of a host processor. The approach is direct
and often referred to as "the Brute Force" approach. This procedure
accurately describes each local point in space by a unique acoustic
signal. 1In simple terms, the modifications of acoustic stimuli from
points in space to the entrance of the ear canal are accurately modeled
by the synthesizer. These modifications are measured as transfer
functions which are resident in the synthesizer such that each one can
be correlated with the signal to be localized, such that the processed
signal over headphones is perceived to have originated from a point in
space. In operation, the system is commanded to generate a localized
signal in space, that point is compared with the current head position,
a relative difference is derived and that difference is used to generate
the desired signal with the transfer function und time delay associated
with the relative angle and the output display over headphones.

The auditory localization cue synthesizer is essentially a
real-time, time varying model of external physical acoustic signals as
by the head, torso, and pinna. The software that runs on the auditory
localization cue synthesizer is the model of these physical phenomena.
The acoustic signals which provide the localization cues contain

acoustic information as influenced by the head, torso and pinna of the

20
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observer. These acoustic factors must be accurately modeled for the
observer to perceive the signal as being localized and out-of-head.

The measurements required to quantify the acoustic localization

factors of a human subject are very time consuming. The measurements
involving extensive mechanical positioning for each test point on a
single set of pinna would require approximately one month for the
collection of azimuth data. For this reason, an acoustically accurate
manikin, KEMAR, (5), (8), was used as the model for measurements of the
acoustic signals used in the synthetic cues in the auditory localization
cue synthesizer. KEMAR's large orange (90th percentile) pinnae and 5Cth
percentile head and torso are the bases for the generation of the
synthetic cues in this auditory localization cue synthesizer,

A subject's ability to localize a sound is strongly influenced by
the acoustic environment. A highly reverberant or diffuse sound field
is one in which it is very difficult to localize because there is no
apparent location to the source, i.e., the sound field is the same from
every direction. Conversely, a highly absorptive or free field is one
in which it is easy to localize. An anechoic chamber is a model of a
free field, is highly absorptive, is free of significant reflections and
has very low background noise. The anechoic chamber at AAMRL/BB was
used to make the necessary acoustic measurements., This anechoic chamber
has a noise floor that is 10 dB below the minimum audible field and any

reflections by the walls are attenuated by at least 70 dB.
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The pinna cues and time delay data are modeled using software that
runs on a special purpose digital signal processor. The interaural time
delay 1s modeled using a software controlled digital delay line. This
interaural time delay measured in the AAMRL laboratory (11) ranges from
approximately 0 to 750 microseconds. The interaural intensity
differences for each point due to the pinnae are modeled using FIR
filters, one for each ear. One FIR filter is used for each degree.
There will be one FIR filter for each of the modeled points on the
sphere for the azimuth and elevation case. The distance cue will be
modeled using fractional multiplication for intensity, a low pass FIR
filter to model the frequency specific attenuation of air and a 1.6
second long tapped delay line to model specific acoustic reverberation
characteristics.

Analog to digital and digital to analog conversion are accomplished
using commercially available 16 bit PCM convertors. The output of the
digital to analog is amplified to directly drive a regular stereo
headset. The digital interface board uses a digital signal processor as
the controller interfacing with the synthesizer processor board,
headtracker and host controller,

The complete synthesizer continuously provides audio signals in
resporse to the direction commanded by the host processor. The desired
direction can be either static or dynamic up to 54 desired directions

per second. The system therefore generates a spatially stable acoustic

22
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image with or without head movement or a moving acoustic image with or

without head movement.
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V. Laboratory Measurements

The published literature on pinna cues, head related transfer
functions and interaural time delay does not contain sufficient
information to allow an auditory localization cue synthesizer to be
designed and developed. Therefore it was necessary to design
measurement procedures in the laboratory to describe the interaural time
delay and head transfer function parameters. These parameters were
measured in the Biodynamics and Bioengineering Division of the Armstrong
Aerospace Medical Research Laboratory. The actual execution of the
measurements (11) is not part of this thesis. This chapter describes
the experimental equipment and test methodology used for measuring
interaural time delay and head related transfer functions used in the
synthesizer.

The KEMAR acoustic manikin (5) was used as the human mcdel for both
sets of measurements. KEMAR was positioned at the center of a 20 ft X
20 ft X 20 ft anechoic chamber, which has free field conditions down to
a frequency of 63 Hz. KEMAR was mounted on a rotary stand calibrated in
15 minutes of arc over a 360 degree range. Each of the two ears was
fitted with a free field microphone matched in both magnitude and phase.
The microphones inputs were amplified by a matched pair of microphone
preamplifiers. Both interaural time delay and head related transfer

functions were measured at each degree from 0 to 359.
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Interaural time delays were measured using the equipment set-up
shown in Figure 5-1. A single loudspeaker was used to present the
stimuli. The stimulus was one cycle of a 90% duty cycle 1 kHz triangle
wave. This stimulus was selected because it delivered the maximum
amount of information about the interaural time for the equipment used.
The outputs of KEMAR's two ears were recorded by a two channel 12 bit
digitizing oscilloscope with a sampling rate of up to 4 MHz. The 1 MHz
sampling rate was used for data collection to get the required 10
microsecond resolution and both channels were digitized simultaneously.
The time differences between the two ears in microseconds were averaged
over ten stimuli. After each measurement KEMAR was rotated one degree
and the next measurement made until all data were collected. The
interaural time delay data collected and the interaural sample delay
value used in the auditory localization cue synthesizer for the azimuth
only case are shown in Appendix C. The time delay data were divided by
25 microseconds and rounded to the nearest integer to arrive at the
sample delay value. In a similar fashion, time delays can be measured
for the azimuth and elevation case. However KEMAR must be elevated and
translated for positions off the equator of the sphere being modeled for
these measurements.

Head related transfer functions were measured with the experimental
set-up in Figure 5-2 using a single loudspeaker to present the stimuli.
Several methods of determining the transfer functions in both magnitude

and phase were evaluated. One method used a two channel spectrum analyzer
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with a logarithmic swept sine stimulus. It was very time consuming and
once the correction was made in the phase response for the time of the
L' propagation delay for sound in air, there was very 1ittle information
left in the phase response. Another method used and found satisfactory
was a single channel analysis technique with a logarithmic swept sine

# input. The logarithmic data collection more accurately models the
response of the human auditory system to frequency than does linear data

collection and the interaural time delay model effectively takes care of

the phase response. Head related transfer function data were collected
from 100 Hz to 20 kHz in 1/12 octave steps, for every degree from 0 to
360 for the azimuth only case. Appendix D shows representative samples
of the measured head related transfer functions. These transfer

functions were modeled in the auditory localization cue synthesizer
using a 179 tap FIR (26) filter designed using the Kafser window
(18)(30). An alpha=1 parameter was used in the design of the 720
filters to maximize their accuracy in both frequency and amplitude.
Each filter used quantized 16 bit coefficients for maximum signal to
noise ratio in the fixed point processing of the TMS320C25. The head
related transfer functions for the azimuth and elevation can be measured
using the same elevation and translation method described for interaural
time delay measurement.

The procedures described provided sufficient data to implement an
auditory localization cue synthesizer. Interaural time delays ranged

from 0 to almost 750 microseconds. Head related transfer functions were




measured in magnitude only using a logarithmic swept sine technique in

1/12 octave band steps from 100 Hz to 20 kHz. The overall gain of the

transfer functions ranged over 10 dB. These electro-acoustic data form
the parameters of the model which the localization cue synthesizer
implements. Other models based on other heads, pinnae, and torsos can

likewise form the basis for localization cue synthesizer.
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VI. SUMMARY AND RECOMMENDATIONS

A concept and design of an auditory localization cue synthesizer
have been presented. The concept for the localization synthesizer
included implementing in real-time three parameters known to influence
localization, interaural time delay, head related transfer functions or
pinna cues and correction of the first two cues for head motion. These
parameters are synthesized using a high speed digital signal processing
system. The interaural time delay is implemented with a software delay
1ine and the head related transfer functions are implemented using 360
different 179 tap FIR digital filters. The synthesizer is capable of
responding to commands and imparting the requested localization cue
information to regular stereo headphones. The complete localization
synthesis system consists of the auditory localization cue synthesizer,
a head tracker, a host computer or controller and a pair of headphones.

The concept and design presented herein have been fabricated by
AAMRL and SRL for the azimuth only case outside the scope of this
thesis. Inftial human localization performance measurements conducted
separately from this thesis (11) indicate that the synthesizer
localization performance, Figure 6-1, is comparable with human
performance in a free-field. These findings demonstrate that the
concept and design presented in this thesis are viable for at least the
azimuth only case. Further work is required before the azimuth,

elevation and distance cases can be evaluated. AAMRL efforts are
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currently underway to fabricate the azimuth and elevation synthesizer to
include distance cues.

The auditory localization cue synthesizer concept has many
applications. Cockpit applications are of primary interest to the Air
Force. Auditory 3-D displays could be generated to give threat warnings
with directional and distance information over the pilot's headset
removing some of the overload from the visual system. In addition,
intelligibility of monitoring multiple radio transmissions could be
increased (17) by spatially separating the different channels. Other
applications include air-air collision avoidance system cues over
headphones, situational awareness aids by employing a 3-D auditory
display, a spatial disorientation recovery aid by providing an auditory
orientation cue, airborne, undersea and ground based virtual display
systems and 3-D auditory displays for air traffic controllers.
Commercial applications include home "hi-fi," audio-video games, and
entertainment.

Research applications of the auditory localization cue synthesizer
are extensive. The auditory localization cue synthesizer can generate
cues over headphones that are impossible to generate in a free-field.
Examples include generation pinna cues without any interaural time delay
or time delay cues without pinna information. The apparent size of the
head could be altered by software modification. Idealized pinnae
transforms to possibly enhance localization performance could be

investigated. Experiments conducted using this technology should give
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new insight into the mechanism of human auditory localization. Possibly
this information could lead to a unified theory of human auditory
localization.

Recommendations for future work include completing the azimuth and
elevation case and adding the distance cues to complete the verification
of the concept. Additional research is required to determine the
optimum audio bandwidth for localization in azimuth only and in azimuth
and elevation. The effects of listening with pinnae different from
those of the listener is a major question. If humans can satisfactorily
adapt to other pinnae, then individual transfer functions would not be
required for practical applications. Work is needed in the area of
multiple source and dynamic source localization. Finally, better
understanding of the mechanism of human auditory localization should
allow the development of better localization cue synthesizers. This
thesis is just a beginning. The scientific responsibility is to

continue to push back the frontier.
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Appendix A

Hardware Design

The auditory localization cue synthesizer was designed in
functional partitions to facilitate debugging and future upgrades
without a complete redesign. The three primary functional partitions
are (1) analog interface board, (2) digital interface board and (3)
synthesizer processor board.

The system was designed to run at the full capacity of each of the
major components to allow maximum flexibility in manipulation of the
software based algorithms. The system has resident on ROM all software
to execute the localization algorithms and relies on the host processor
only for commands for the desired location of the source.

Analog Interface Board

The analog interface board is designed to perform the a-d and d-a
conversions for the auditory localization cue synthesizer and {ts basic
functional diagram is seen in Figure A-1. It supports a maximum 10 kHz
audio bandwidth and is subdivided into an input section, and left and
right output sections.

Input

The input section consists of an input buffer amplifier,
antialiasing filter, sample and hold amplifier, and a-d. The entire
input system is designed to support input signals up to *+10 V while

maintaining a noise floor less than 153 microvolts. (a) The input
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»
buffer amplifier protects the antialiasing filter, sample and hold
amplifier, and a-d from over voltage and matches impedance for the

R‘ antialiasing filter to 600 ohms. The OP-27 was selected for the analog

interface board for its high gain-bandwidth product and low noise floor.

(b) The antialiasing filter attenuates any signal to one-half the least

significant bit of the a-d at frequencies of one-half the sampling rate
and greater. The Frequency Devices antialiasing filter used attenuates
the signal 85 dB in one octave and uses the Cauer elliptic design. The
3 dB corner frequency is set at 10 kHz. This design gives 104 dB of
attenuation at 20 kHz and 85 dB attenuation above 20 kHz. The specified
16 bit a-d has a 96 dB range. In a worst case, 9 dB of aliasing would
be present if a 40 kHz sampling rate is selected. This is an acceptable
amount of worst case aliasing for a laboratory prototype system. (c)
The Analog Devices sample and hold amplifier SHA-1144 used in the design
has worst case specs good only to 14 bits. However at the time of the
design it was the best sample and hold amplifier available in the speed
required. The function of the sample and hold amplifier is to sample
the signal in a very short time and then hold the signal stable while
the successive approximation a-d converts the analog voltage to the 16
bit PCM representation. The a-d takes 17 microseconds to convert in the
worst case. Therefore the sample and hold amplifier must hold the
analog signal stable within one-half the least significant bit of the
a-d during the 17 microsecond conversion. This calculates to a droop

rate of 153 microvolts per 17 microseconds or less than 10 microvolts
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per microsecond. The SHA 1144 takes 6 microseconds nominally and 8
microseconds maximum to acquire a signal. Therefore the total sampling
and conversion time max is 25 microseconds, which gives a sampling rate
of 40 kHz. Figure A-2 shows the relationship between the 10 kHz desired
bandwidth and the 40 kHz sampling rate. As can be seen, with a
potential broad band input, and realistic antialiasing filter the 40 kHz
sampling rate is required to support the 10 kHz bandwidth. The noise of
the SHA-1144 is 70 microvolts peak-peak which is less than the 153
microvolts of one-half the least significant bit of the a-d convertor.
(d) The 16 bit a-d convertor selected is the Burr-Brown PCM75. This a-d
was specifically designed for audio applications. Its maximum
conversion time is 17 microseconds and has less than 0.004% total
harmonic distortion. It is a successive approximation a-d with 16 bit
parallel outputs.

The a-d convert line and the sample and hold amplifier control line
are under control of the angle processor to be described later. The
purpose for this arrangement is to allow the angle processor software
control of the sampling rate. This allows easy changes of system
bandwidth by modifying the software and changing the antialiasing
filter.

In summary, the input section of the analog interface board
includes four basic components, an input buffer amplifier, an
antialiasing filter, a sample and hold amplifier, and a 16 bit

analog-to-digital convertor. This input section reduces the bandwidth
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of incoming signals to 10 kHz to prevent aliasing when sampled at 40

kHz. The total input section has an 85 dB signal-to-noise ratio.

The output section of the analog interface board contains an
independent left and right channel. Each channel has a separate d-a,
sample and hold amplifier, antialiasing filter, and headset amplifier.
The output channel sampling rate is under software control up to a
maximum of 40 kHz. The maximum voltage output is +10 V into an 8 ohm
load.

The output section operates on the same +10 V analog signal as the
input section while maintaining a noise floor less than 153 microvolts.
(a) The PCM-53 16 bit d-a converter selected for the analog interface
board was specially designed by Burr-Brown for audio applications. The
settling time is 4 microseconds or less and the d-a has less than 0,002%
total harmonic distortion with a full scale input. The d-a output
signal is unstable during the 4 microsecond settling time. (b) An
Analog Devices SHA-144 sample and hold amplifier is used to deglitch the
output by holding the previous voltage while the new value settles, then
the sample and hold amplifier switches to the sample mode. The 4
microseconds of the d-a and the 8 microseconds of the sample and hold
amplifier give a worst case d-a conversion time of 12 microseconds.

This is much less than the 25 microseconds required to support the 40
kHz sampling rate. The output conversion, like the previously described
input conversion, is under software control. (c) The Frequency Devices

Yowpass recovery filter is used to smooth the stairstep output of the
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d-a within the original 10 kHz bandwidth. An 8 pole Butterworth filter
with a 10 kHz corner frequency was selected for the lowpass recovery
filter. (d) A National Semiconductor monolithic 5 watt audio amplifier
drives the output of the lowpass recovery filter to a standard 8 ohm
impedance or higher audio headset. In addition, the unamplified output
of the lowpass recovery filter is available for separate component
amplification.

The analog interface board is interfaced to the synthesizer
processor board by ribbon cables. The three 16 bit a-d and d-a parallel
interfaces communicate over the ribbon cables via line drivers and
receivers. In addition, the ribbon cables carry the necessary clock and
control lines.

The arrangement of components of the analog interface board 1s
designed to insure signal fidelity up to 10 kHz within the ¢+ 10 V range.
It provides the analog interface for the synthesizer processor board.

It supports software controliled sampling rates up to 40 kHz. The input
and output a-d and d-a converters are 16 bits each. The input and
output channels contain antialfasing and lowpass recovery filters, and
sample and holds and deglichers,

Digital Interface Board

The digital interface board is the subsystem that is essentially
the 1/0 processor for the auditory localization cue synthesizer. The
digital interface board has a separate digital signal processor that

acts as the 1/0 processor. This 1/0 processor is independent of the
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synthesizer processor board and implements the interface with the
headtracker and host processor. The function of the processor is to
accept desired angle commands from the host processor on an interrupt
basis, accept real head angles from the headtracker on a periodic basis
and provide the synthesizer processor board computed relative angle
indexes on a periodic basis. The I/0 processor insures that the
relative angle indexes are available before being needed by the
synthesizer processor board. The interface to the host processor is
implemented in two ways, one an RS-232C interface and the second an
IEEE-488 interface. The RS-232C interface is simple to implement, is a
common interface, and is limited to 9.6 kbits per second. The IEEE-488
interface is somewhat more difficult to implement, is a less common
interface than RS-232C, but offers speeds up to about 500 kbits per
second. The RS-232C interface is satisfactory for stationary and slowly
moving stimuli (less than 180 degrees per second). The IEEE-488
interface 1s required for high speed dynamic stimuli (greater than 180
degrees per second). The interface with the synthesizer processor board
is implemented as two separate 16 bit parallel 1/0 ports with
semaphores, one each for the left and right synthesizer processors.

The digital interface board is organized as shown in Figure A-3.
The five 1/0 ports on the I/0 processor consist of three 16 bit parallel
interfaces, a serial interface and an 8 bit paralleled interface. The
program is contained in ROM and uses off-chip scratch pad memory. For

the azimuth only case the I/0 processor is a TMS-32020 digital signal
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processor. For the azimuth and elevation case, a TMS-320C25 is
required, because of the order of magnitude greater computing
requirements. The two chips are pin-for-pin compatible and only require
a simple clock chip change with an appropriately designed board.

Synthesizer Processor Board

The analog interface board and the digital interface board provide
an interface to the outside world for the synthesizer processor board.
The synthesizer processor board contains the two digital signal
processors for implementing the digital models of human auditory
localization cues. Each of the digital signal processors functions
independently and is independently interfaced with the analog interface
board and digital interface board. Figure A-4 shows the functional
layout of the synthesizer processor board. In order to obtain maximum
fidelity of the synthesized localization cues, state of the art
TMS320C25 digital signal processors were used. These digital signal
processors have a nominal 100 nanosecond instruction cycle time. One of
the most common operations in digital signal processing is multiply and
accumulate. The TMS320C25 does this combination operation with memory
fetches and register decrements in a single 100 nanosecond cycle. This
allows long FIR filters to be implemented in real time. The TMS320C25
has on-chip ROM and RAM in addition to supporting off-chip ROM and RAM.
The memory requirements of the auditory localization cue synthesizer
dictate that the full address space of off-chip ROM and RAM be used.

The program and data are stored in slow ROM and then booted to high
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speed (25 ns) RAM upon power-up or reset. This allows easy modification

of software by using slow UV erasable ROM's while allowing full speed
operation from the high speed RAM. The TMS320C25 has a modified Harvard
architecture that has separate program and data memory spaces. During
the transfer of the program from ROM to RAM a software operated switch
on one of the 1/0 ports makes the RAM look like data memory to the
processor. Once the boot is completed the switch makes the RAM Took
like program memory and execution from RAM begins. The two processors
are running the same program with different data. If humans' two pinnae
were exactly the same, a common memory could be shared instead of two
separated banks of memory. The interfaces to the analog interface board
and digital interface board are all 16 bit parallel interfaces with
semaphores. The hardware configuration for the azimuth only and azimuth
plus elevation conditions are the same on the synthesizer processor
board.

In summary, the auditory localization cue synthesizer hardware is
designed in blocks to match the three functional partitions. An analog
interface board forms the interface to the outside world with a single
audio input and independent left and right audio outputs. A digital
interface board is the interface processor between the host,
headtracker, and the synthesizer processor board. A synthesizer
processor board is the heart of the auditory localization cue
synthesizer and actually implements the synthesis algorithms which

generate the localization cues.
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Appendix B

Software Design

The auditory localization cue synthesizer software implements the
localization cue models in real-time. A1l code is written in TMS-320
assembly language in order to optimize speed of execution. This chapter
describes the software for the angle processors on the synthesizer
processor board. The software for the 1/0 processor on the digital
interface board was part of an earlier joint AAMRL - SRL Laboratory
effort. Software for the distance processor will be a future effort.

The synthesizer processor board software implements 360 independent
FIR filters that model the transfer function from free-space to the
entrance to the ear canal. Each angle processor has an individual set
of 360 sets of coefficients so that differences between left and right
pinnae can be modeled. In addition, each processor implements in
software a 30 sample (25 microseconds per sample) delay line that models
the interaural time delays. Each set of coefficients for the 360 FIR
filters has associated with it a number from 0 to 30 for the interaural
time delay. In the azimuth only case the 360 points are used to
implement models of each degree in azimuth, In the azimuth and
elevation case, 272 points are used to implement a model of a sphere at
maximum 15 degree spacing with the remainder of the points implementing

an auditory fovea in the users' high localization resolution area. AN
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software is resident in UV erasable ROM then downloaded to RAM upon
system power up.

The TMS320C25 has 64 K words (128 K bytes) of program memory, some
on-chip and some off-chip. It also has 64 K words (128 K bytes) of data
memory, some on-chip and some off-chip. The allocation of a block of
on-chip memory can be changed from program to data or data to program
under software control. The CNFD instruction configures memory block BO
for data memory and the CNFP instruction configures BO for program
memory. The memory maps for the two configurations are shown in Figures
B-1 and B-2. In addition, the auditory localization cue synthesizer
hardware can output a 0 over an 1/0 port which configures the high speed
RAM as program memory or an output of a 1 which configures the high
speed RAM as data memory. This feature allows the entire data memory to
be copied to program memory and allows the program memory to be modified
during run time.

The angle processor software includes a boot routine, an
initialization routine, a seif-modifying instruction routine and a
filter and delay routine. Figures B-3 and B-4 show the angle processor
flow chart. The execution of the modules is as follows. The boot
routine initially runs in program ROM and immediately copies itself to
on-chip RAM which has been configured for program memory. The boot
routine configures external RAM as data memory and copies the program,
FIR filter coefficients, and delay values from the program ROM to data

RAM. The last instruction of the boot routine switches data RAM to
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b program RAM and program execution proceeds from RAM, A CNFD instruction
is executed to configure on-chip RAM block BO as data RAM. The on-chip
_‘ RAM locations that will be used for the input data (179 locatfons) and
' the output delay line (30 locations) are zeroed.

Initialization is completed by enabling the overflow mode,
P disabling interrupts, and enabling the sign extension mode.
The self-modifying instruction routine is called from the filter

and delay routine. The filter and delay routine begins by clearing the

I/0 processor interface then getting the next relative angle index from
the 1/0 processor. This index is then multiplied by 180 (the number of
FIR coefficients plus the delay value) and added to an address offset to
get the absolute address of the first coefficient of the FIR filter for
that angle. This address is then used to modify the pointer address
portion of the MACD (multiply, accumulate and decrement pointers)
instruction to use the proper set of coefficients in external program
RAM. During the actual modification, the RAM is switched from program
memory to data memory and the instruction modified. The RAM is then
switched back to program memory with the pointer address portion of the
MACD instruction modified.

The filter and delay routine continues and a value is then read
from the a-d and 179 multiplies and accumulates form the product.
During the multiply and accumulate, all values in the a-d table are

moved one location in preparation for forming the next product. The

products are stored in a 30 location output delay line. The value
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output is the one indexed by the delay value associated with the FIR

filter calculated. The DMOV statement is used to move the data on
location higher in memory each time a new product is added. NOP
instructions are used to accurately time the loop to exactly 25
microseconds. A loop counter is checked, if the I/0 processor is not
ready with a new index then another a-d value is read. If the 1/0

processor has a new value it is read and a new filter calculated.

The auditory localization cue synthesizer angle processor software

implements 360 FIR filters of 179 taps in real time. A 30 location

delay line and the FIR filters are indexed by a single value between 0

and 359 transferred from the I/0 processor to the angle processor. The

software implements the total algorithm in less than 25 microseconds

allowing real-time operation.
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INTERAURAL TIME DELAY

54




LD12

1

FIGURE C-1

INTERRURRL TIME VS ANGLE




ANGLE

—
OWRNDU £ WN -

—
—

—t b et pnd b b
NN WM

Interaural Time Delay

INTERAURAL TIME QUANTIFIED INTERAURAL

DELAY (uSEC)

-7
-17
-23
-34
-42
-50
-55
-65
-73
-86
-93
-100
-108
~116
-122
-131
~141
-146
-156
-163
~-169
-182
-189
-196
-206
-213
-220
~229
-239
-247
~254
~260
-270
-279
-287
~295
~305
-310
~319
-328

TIME DELAY SAMPLES AT
40 KHz (25 uSEC PER
SAMPLE)

-0
-1
-1
-1
-2
-2
-2
-3
-3
-3
-4
-4
-4

56




-335
-345
-354
-361
-373
-377
-385
-393
-402
-410
-415
-427
-438
-444
-449
-458
-469
-475
-481
-489
-500
-504
-514
-521
-529
-537
-545
-550
-559
-565
-577
-585
-592
-601
-606
-614
-622
-628
-637
-642
-646
-649
-654
-658
-665
-669
-672
-676

57

-13
-14
-14
-14
-15
-15
-15
-16
-16
-16
-17
-17
-18
-18
-18
-18
-19
-19
-19
-20
-20
-21
=21
-21
-21
-22
-22
=22
-23
-23
-23
-24
-24
=24
-25
-25
=25
-25
-26
-26
-26
-26
-26
-27
=27
=27
=27
=27







PREPDIRS * IR PR TURR! S JPA S




+43
+53
+62
+7
+83
+9(1J
+10
+110
+118
+132
+139
+147
+158
+169
+176
+186
+197
+205
+215
4220
+228
+234
+245
+253
4261
+171
+280
+289
4297
+309
+318
+327
+334
+341
+352
+361
+369
+379
+385
+393
+402
+411
+415
+425
+431
+441
+447
+457

60

+2
+3
+3
+3
+4
+4
+4
+5

+6
+6
+6

+7

+7

+8

+8

+9

+9

+9

+10
+10
+10
+11
+11
+12
+12
+12
+13
+13
+13
+14
+14
+14
+15
+15
+15
+16
+16
+16
+17
+17
+17
+18
+18
+18
+19
+19




+464
+469
+477
+485
+495
+497
+510
+514
+519
+524
+535
+541
+549
+553
+559
+564
+571
+578
+581
+590
+596
+599
+607
+614
+619
+628
+645
+677
+712
+718
+719
+724
+721
+722
+717
+720
+714
+715
+711
+708
+704
+700
+697
+691
+688
+682
+681
+673

61

+19
+19
+20
+20
+20
+21
+21
+21
+21
+22
+22
+22
+22
+23
+23
+23
+23
+24
+24
+24
+24
+25
+25
+25
+26
+27
+28
+29
+29
+29
+29
+29
+29
+29
+29
+29
+29
+28
+28
+28
+28
+28
+28
+28
+27
+27
+27
+27




281
282
283
284
285
286
287
288
289
290
291
292
293
294
295
296
297
298
299
300
301
302
303
304
305
306
307
308
309
310
311
312
313
314
315
316
317
318
319
320
321
322
323
324
325
326
327
328

+664
4661
+653
+648
+640
+632
+624
+618
+610
+599
4592
+581
+574
+565
+557
+550
+541
+534
+528
+518
4511
+5-1
+492
+486
+477
+471
+462
+455
+445
+437
+427
+420
+410
+404
+396
+384
+375
+367
+358
+348
+341
+333
+323
+311
+3-3
+295
+289
+278

62

+26
+26
+26
+26
+25
+25
+25
+24
+24
+24
+23
+23
+23
+22
+22
+22
+21
+21
+21
+20
+20
+20
+19
+19
+19
+18
+18
+18
+17
+17
+17
+16
+16
+16
+15
+15
+15
+14
+14
+14
+13
+13
+12
+12
+12
+12
+11
+11




+271
+262
+255
+245
+238
+229
+222
+211
+205
+192
+193
+178
+170
+162
+151
+144
+133
+129
+118
+108
+101
493
+83
+76
+68
+59
+43
+35
+27
+17
+9
+1

63




APPENDIX D

HEAD RELATED TRANSFER FUNCTIONS
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This thesis describes the concept and design of an auditory
localization cue synthesizer. The pertinent literature was reviewed and
used to form the basis of the concept a to generate localization cues over
headphones utilizing real-time solid state processor. The synthesizer
accepts a single monaural input and processes the signal separately for
independent presentation to the left and right ears. The synl’ ~sizer uses
a 3-space head tracking device to maintain a stable acoustic image when the
listener moves his head. The design is complete to present localized
stimuli in azimuth. A concept is described for generating stimuli in the
three dimensional case for azimuth, elevation and distance. Detafls of the
hardware and software design are in the appendices.

Laboratory methodology are described for deriving the necessary
parameters of the synthesizer. Experimental data collected separately from
this thesis demonstrate that the concept and design are viable for the
azimuth case. Localization errors with the synthesizer are compared with
free field errors obtained with 10 subjects. The results show that
localization accuracy is essentially equal for the two conditions.
Recommendations are presented for further research and development.




